Present-day IP transport platforms being what they are, it will never be possible to rule out conflicts between the available services. The logical consequence of this assertion is the inevitable conclusion that the quality of service (QoS) must always be quantifiable no matter what. This paper focuses on one method to determine QoS. It defines an innovative, simple model that can evaluate the QoS of MP3-coded voice data transported through an IP environment. It describes tests of the model's practicability that were conducted in a comprehensive comparison study. The so-called MP3 Model is one of a number of parameter-based measuring techniques and delivers results that come very close to the corresponding perceptual evaluation of speech quality (PESQ) curves. This is one of the features that make this new QoS measuring method so attractive.
Introduction
Quality of service (QoS) and quality of experience (QoE) play a very important role in modern digital networks. [2] and Directive 2009/140/EC [3] that both place great value on quality of service.
The quality of service in modern networks should be measured continuously-preferably automatically-which makes specialised measurement systems and methods indispensable. They are generally classified into two groups: signal-based and parameter-based measuring methods [4] . In the dual-ended model, two signals are used: original signal and degraded signal. These two signals are available uncompressed, allowing measurements to be carried out for both quality of experience (subjective evaluation) and quality of service (objective evaluation). In the single-ended model, only the impaired signal (often compressed) is available. This allows only an objective evaluation (QoS) to be made. QoS measurement is referred to as "intrusive measurement" (online) in the case of the dual-ended model, and as "non-intrusive measurement" (offline) in the case of the single-ended model.
When it comes to the audio-type service (voice, music), the PESQ algorithm [5] and the PEAQ algorithm [6] are very often mentioned in connection with the dual-ended model. It is a time-consuming (active measurement) and expensive (licence) technique. It does, however, yield objective and extremely accurate results. The PESQ algorithm can be classed as a QoE technique inasmuch as it comprises a model of the human auditory system. The model was developed on the basis of extensive tests conducted on real test persons. That is why this paper has classified PESQ values as QoE values and uses them as a reference. This saves a great deal of time and trouble when it comes to developing new QoS models.
A further signal-based QoS method suitable for audio applications using the MP3 encoder (MPEG-1 layer III) is to be found in paper [7] . The technique is called the "audio watermarking procedure". Specifically, a fragile watermark is embedded in an MP3-type host data audio transport stream using a spread-spectrum approach. At the receiver, the watermark is extracted and compared with its original counterpart. Since the alterations undergone by the watermark can be expected to be those experienced by the MP3 file, since they have followed the same communication link (including coder and transport connection), the watermark's degradation can be used to estimate the overall alterations experienced by the MP3 data. The QoS assessment is based on the evaluation of both objective (mean square error) and subjective (International Telecommunication Union Standard for Objective Measurement of Audio Quality) indicators. It is also a complex, elaborate and timeconsuming QoS-measuring technique.
Quick and easy QoS methods that do not require a reference signal are indispensable for routine practical tests; however, they do require parametrised QoS models. The E Model is the best-known QoS measuring technique in voice applications [8] . The E Model was originally developed for circuit-switched voice networks and does not really come up to scratch in IP environments [9] . Since its inception, the E Model has undergone further development to take account of broadband codecs, which have regained importance due to modern VoIP applications. That is why the new E(IP) Model was created [10] . Neither the E Model nor the E(IP) Model can handle the MP3 codec. This paper will include a presentation of the development of one such method of measuring the QoS of the service voice streaming with MP3-coded data in an IP environment.
To begin with, the MP3 codec will be presented. Then, the numerical analysis environment used for this paper will be described. The paper goes on to present the results of quality of service evaluations gained in the environment for MP3-coded voice streams. Following that, the new MP3 Model for voice streams in the IP environment will be formulated. After that, the practicability of the MP3 Model will be examined and its suitability for practical use will be put to test in a comparison study. The results gained from the study will be represented graphically and interpreted. The paper concludes with a summary and an outlook on future work.
The MP3 codec
The MP3 audio codec (MPEG Audio Layer III) developed in Germany by the Fraunhofer Institute is a standard for lossy audio compression and is a part of the Motion Pictures Expert Group (MPEG) standards [11] . MPEG specifies three classes of audio compression known as layer I, II and III, a higher number meaning an improved coding efficiency syntax and increased coding complexity. The compression is based on psychoacoustic models in which the precision of audio components that are less audible to the human ear are reduced. Table 1 shows all MP3 versions: as part of the MPEG-1 standard, as part of its successor, MPEG-2, and as a proprietary solution (MPEG-2.5). Wideband reference signals (16 kHz sampling rate) and the MPEG-2 Audio Layer III compression were used throughout this paper.
The encoding process consists of the following four parts (see Fig. 1 ): First, the audio signal is divided into frames (1152 samples each), filtered and transformed by a modified discrete cosine transform (MDCT). The FFT and psycho-acoustic blocks comprise the calculation of the psychoacoustic model. Now, the signal is quantised and coded using the Huffman algorithm. Finally, the output stream is formatted, and a CRC error detection and correction is added, if necessary.
The MP3 codec is now the most frequently used codec for audio streaming over IP networks. Development of modern Video Telephony over IP (VToIP) systems strives for a considerable improvement of quality for the transmitted voice signals. This in particular can be achieved through deployment of broadband-voice codecs. Is the MP3 codec suitable for this? This is discussed in detail in this paper. [20] 3 The analysis environment
Analyses of QoS and QoE can be conducted in two ways: (a) in real environments and (b) in emulated environments. The first case involves making measurements in the networks while the applications under analysis are actually being implemented. It is a very elaborate procedure and it seldom produces repeatable results. Besides, it is very difficult to create a particular measurement scenario using this method because regrettably, a lot must be left to chance in a real environment. The second method is more suitable for such analyses. It is possible to duplicate a defined measurement scenario and to obtain statistically meaningful results. In emulated environments, on the other hand, the impairment parameters can be implemented according to well-defined distributions. This proves to be of great benefit in research work. That is why a numerically emulated IP environment was used for the course of this study. Figure 2 shows the block diagram of the numerical tool used here to determine the quality of service delivered by MP3-encoded audio streams in the IP environment. The detailed description and an operation of the tool can be found in the work [12] .
The following parameters of the tool are assumed for the analyses here:
Nondeterministic (binominal distribution) distributed packet loss rate from 0 to 10%. Nondeterministic (exponential distribution) distributed burst size with mean values from 1 to 5. Signals: "p564_speech_ukf1_wb.bin", "p564_speech_spm2_wb.bin", "p564_speech_jpf2_wb.bin" and "p564_speech_dem1_wb.bin" as the 16-kHz (wideband) reference signals (according to Rec. P.564 [13] ). MP3 audio codec in the mode MPEG-2 Audio Layer III with an encoding rate of 64, 80 and 96 kbps and 1, 2 and 3 frame(s) per RTP packet [14] . Thirty-one measurements for each determined performance value. This number of tests ensures a confidence interval of less than 10% of the estimated average (with a probability of error of 5%). PESQ in MOS(LQO) scale (according to the Rec. P.564) as resulting QoE values. "Silence insertion" method in cases of packet loss in accordance with ITU-T G.113 [15] .
The following sections present some typical examples of the measurement results gained from the numerical measurement environment that was used. Here, it is the MP3 audio codec with an encoding rate von 80 kbps (see Figs. 3 and 4) .
The curves in Figs. 3 and 4 show almost linear progressions with somewhat higher values for larger burst sizes. With a 3 frame pro RTP packet, the PESQ values decrease slightly more slowly than with a 1 frame pro RTP packet. It becomes apparent that both increasing burst size and increasing frame numbers have a positive influence on the speech quality. Furthermore, it is noticeable that with a 1 frame pro RTP packet and a burst size of 1, the quality is considerably poorer than in other cases.
In addition, it can be seen that PESQ values for the same product of the burst size and the number of frames per RTP packet are comparable. The product will be referred to here as burst frame product (BFP). This paper contains the first printed mention of this variable. It is very worthwhile using the new parameter BFP during the evaluation of the PESQ values, as the work described in this paper has done.
The new, parametrised MP3 Model for determining QoS in voice streaming
One of the most influential impairment parameters or voice streaming (VoIP, VToIP) over the IP transport platform is packet loss. End-to-end delay is redressed in terminal equipment through the use of echo cancellers. Minor jitter and minimum out-of-order packet deliveries can also be levelled out by implementing a jitter buffer in the terminal equipment.
The PESQ curves as a function of packet loss rate display a distinctly linear character (see Figs. 3 and 4) . Other parameters that affect PESQ values include number of frames per RTP packet, encoding rate and burst size (average number of consecutively lost packets in the event of random loss). The size of the jitter buffers in the terminal equipment has a significant influence on quality of service as well. As was pointed out above, minor jitter and some outof-order packet sequences can be smoothed out in the jitter buffer. If these impairments are too great in relation to the size of the jitter buffer, however, additional losses will occur, and the model will register them. All of these factors must be considered when creating a new, parametrised model for determining QoS in VoIP. Figure 5 shows the parametrised MP3 Model for determining the quality of audio streams with the MP3-encoded data in the IP environment.
In practice, it is assumed that when the QoS is determined, the packet streams from an RTP session are collected by a protocol analyser and then passed on to a suitable evaluation tool. The new MP3 Model is such a tool. It works on the following principles: all network impairments are collected and processed in the first block of the diagram. The effects of jitter and out-oforder packet delivery are converted into losses, not forgetting that some errors can be offset with the aid of the jitter buffer. The values attained in this block and the packet losses from the network are passed on to the second block where total losses and burst size are determined. For the MP3 Model, the Markov property "memorylessness", which is widely used in analyses of networks, has been assumed. Going off this assumption, it is possible to determine the likelihood of a packet being lost, depending on whether the packet immediately before it was received or lost. The ensuing recalculated parameters are passed on to the third and final block. Further inputs for the third block include information about the number of frames in one RTP packet and which encoding rate is being used. These data are gained from measuring the RTP streams. The last block, called "cognitive model" calculates and outputs the MP3 factor as a value on the MOS(LQO) scale [13] .
The cognitive model aims to replicate how humans process input parameters when evaluating the resulting speech quality. This is emulated here with the use of a suitable formula. The mathematical dependencies needed to do this are stored in the block in the form of a table. Its contents are calculated through the following steps:
Step 1
Use the tool from Fig. 2 to determine the PESQ curves as a function of packet loss rate, burst size and number of frames per RTP packet. The curves serve as a basis for further calculations. This approach replaces analyses in special studios in which groups of people are needed to voice a subjective opinion, and consequently saves time and money when it comes to developing parametrised QoS models.
Step 2
Plot the PESQ values against the product of the number of frames per RTP packet and the burst size ("burst frame product") for a packet loss rate of 1, 2, 3, 4, 5, 6, 7 and 10%. Approximate these curves using Eq. 1. The approximation method "least squares" was used.
The coefficient "m" is responsible for the gradient of the curve while the coefficient "b" equals the value at a fictitious burst frame product of "0".
Step 3
Continue to use the values of "m" and "b" calculated in
Step 2. Plot the coefficients "m" and "b" as functions of the packet loss rate. Approximate these curves using Eqs. 2 and 3 leading to Eq. 4. The approximation method "least squares" was used here, too.
All five coefficients a, b, c, d and e of Eq. 4 are dependent on the encoding rate used.
These steps will now be illustrated for the MP3 codec (see Chapter 3) using an encoding rate of 80 kbps as an example. Figure 6 shows the approximations for various packet loss rate achieved using Eq. 1. For reasons of clarity, only five curves have been included in the graph.
For an increasing level of packet loss rate, the coefficient "m" increases while the coefficient "b" decreases. 
Further equations were developed for the MP3 Model in Eq. 5 for other typical encoding rates of the MP3 codec, i.e. 64 and 96 kbps. This extends the possible areas of application of the QoS Model that was constructed here. The following describes a comparison study in which the suitability of the new QoS Model for real practical use was put to test.
Comparison study
The comparison study was performed within a numerical environment using the tool from Fig. 2 . The following settings were assumed:
Nondeterministic (binominal distribution) distributed packet loss rate from 0 to 10%, nondeterministic (exponential distribution) distributed burst size "1" and 1 frame per RTP packet. Nondeterministic (binominal distribution) distributed packet loss rate from 0 to 10%, nondeterministic (exponential distribution) distributed burst size "1" and 3 frames per RTP packet. Nondeterministic (binominal distribution) distributed packet loss rate from 0 to 10%, nondeterministic (exponential distribution) Fig. 8 Approximation of the parameter "b" for an encoding rate of 80 kbps Fig. 7 Approximation of the parameter "m" for an encoding rate of 80 kbps distributed burst size "3" and 1 frame per RTP packet. Nondeterministic (binominal distribution) distributed packet loss rate from 0 to 10%, nondeterministic (exponential distribution) distributed burst size "3" and 3 frames per RTP packet. MP3 (MPEG-2 Audio Layer III) audio codec with an encoding rate of 80 kbps. Thirty-one measurements for each determined performance value. This number of tests ensures a confidence interval of less than 10% of the estimated average (with a probability of error of 5%). PESQ and MP3 Model as QoE/QoS measurement methods.
The results of the comparison study are illustrated in Figs. 9, 10, 11 and 12.
Figures 9, 10, 11 and 12 show that the quality of service deteriorates linearly as packet loss rate increase. This is the case for both QoE/QoS measuring methods used here. Furthermore, the curves fall less steeply as burst size increases. The upshot of this is it is far better for the service if fewer, larger bundles of packets are lost than lots and lots of smaller bundles. The reason for this lies in the properties of the human sense of hearing. The PESQ and the MP3 Model curves proceed very close to each other, meaning that the numerical comparison study has proved that the MP3 Model is quite suitable for practical use. 
Conclusions
In the course of the work documented in this paper, a new, simple model was defined for determining the QoS of audio data coded according to the MP3 coder and transported in an IP environment. Its suitability for practical use was tested in a comparison study. This socalled MP3 Model is one of a group of parameter-based measuring techniques; it works efficiently and delivers results that come very close to their corresponding perceptual evaluation of speech quality (PESQ) curves, which is, of course, of great practical benefit.
The ITU-T Standard G.1070 [16] (it, too, is a parametrised model) is often used to evaluate the QoS of the VToIP service. The G.1070 Model does, however, have its limitations: it uses the familiar E Model according to ITU-T G.107 [8] to evaluate the audio streams. But the E Model does not support the new, innovative MP3 codec. This is where the MP3 Model, which was developed within the scope of this paper, comes in. It can be used to great effect in practice and is a sensible enhancement of the G.1070 Model.
As Table 1 shows, the MP3 codec also has modes in which the so-called Super-Wideband Signals (48 kHz sampling rate) are used. So, it would make sense to expand the functionality of the available MP3 Model with such features. One way to do this would be to use the procedure presented in this paper (cf. Chapter 4) for deriving the corresponding equations for the cognitive model. Also, it must be pointed out that for such functionality enhancement, the PESQ algorithm in the tool in Fig. 1 will have to be replaced by the software package POLQA [17] . The authors are about to work on that. The approach as described in the paper can also be applied in a very similar way to audio (music) streaming on IP platforms. However, for such cases, the PEAQ algorithm [6] has to be applied as measurement method for QoS. A more generalised approach of the topic provides an interesting aspect and opportunities for further scientific studies and enhances the importance of this paper.
Other interesting lines of work would be the following: the implementation of an alternative method of encapsulating audio data according to the IETF Specification RFC 3119 [18] ; the development of corresponding QoS transformation equations and their practical implementation. By doing that, the flexibility of the MP3 Model could be increased even further. In practice, it is possible to glean information on the type of encapsulation used from the received data stream (by using the appropriate measuring instruments) and through evaluation of the measurement data. Further work in this direction is planned by the authors as well.
